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(54) Modem applications of simultaneous analog and digital communication. 



@ A method and apparatus for concurrent com- 
munication of analog information and digital 
information. In general terms, when the com- 
munication channel is viewed as a multi- 
dimensional space, the digital information sig- 
nal is divided into symbols, and the symbols are 
mapped onto the signal space with a preset 
distance between them. The analog signal, gen- 
erally limited in magnitude to less than the 
distance separating the symbols, is converted 
to component signals and added (i.e., vector 
addition) to the symbols. The sum signal is then 
transmitted to the receiver where the symbols 
are detected and subtracted from the received 
signal to yield the analog signal components. 
The transmitted analog signal is recreated from 
those components. Both half-duplex and full- 
duplex operation is available in accordance 
with this invention. 
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Related Application 

This application is related to an application titled 
SIMULTANEOUS ANALOG AND DIGITAL COMMU- 
NICATION, filed on even date hereof. 

Field of the Invention 

This invention relates to simultaneous transmis- 
sion of analog and digital signals and, more particu- 
larly, to simultaneous transmission of analog signals 
and digital signals in a non-multiplexed manner and 
in a generally co-extensive frequency band. 

Description of the Prior Art 

In the prior art, when voice and data is transmit- 
ted simultaneously over a channel, it is typically 
transmitted either via frequency-division multiplexing 
or time-division multiplexing. In frequency-division 
multiplexing, the data channel and the voice channel 
are allocated different sub-bands of the channel's 
bandwidth. Examples of that are U.S. Patent No. 
4,757,495, U. S. Patent 4,672,602, and U. S. Patent 
4,546,212. In time-division multiplexing arrange- 
ments, voice signals are sampled, digitized and inter- 
leaved with digital data to form a single information 
stream which is communicated over the available 
channel. Practically every digital carrier system (e.g. 
the T1 carrier system) is an example of that. 

U.S. Patent No. 4,512,01 3, issued April 16, 1985, 
presents an interesting approach that is close to a fre- 
quency division multiplexing arrangement for simulta- 
neous voice and data. The arrangement filters the 
speech signal and adds thereto a modulated narrow- 
band signal to form the transmitted signal. The nar- 
rowband modulated signal derives from a narrow- 
band digital input signal that is modulated with a car- 
rier, thereby shifting the narrow-band up in frequency 
to a position in the spectrum where there is little 
speech energy. At the receiver, in reliance of the fact 
that the speech power is low in the narrowband occu- 
pied by the modulated digital signal, the digital signal 
is recovered through appropriate demodulation. 
Thereafter, the recovered digital signal is remodulat- 
ed to replicate the transmitter's operation, adaptively 
filtered to account for channel characteristics, and 
subtracted from the received signal. The result is the 
received speech. As indicated above, one salient 
characteristic of that arrangement, as stated in col. 2, 
lines 13-18, is that "...an entire analog speech signal 
and a modulated data signal are capable of being 
transmitted over a normal analog channel by the mul- 
tiplexing of the data signal within the portion of the 
normal analog speech signal frequency band where 
the speech signal is present and the power density 
characteristic thereof is low". As an aside, the 
4,517,013 arrangement is half duplex. 



In the modem art, digital information is communi- 
cated over a channel by converting the digital infor- 
mation to analog form. In the most basic form, a mo- 
dem filters the digital signal (i.e., shifts it in frequen- 

5 cy) to form a band-limited signal and modulates that 
signal to reside within the passband of the communi- 
cation channel. In telephony, for example, that pass- 
band may be between 300Hz and 3500Hz. To in- 
crease the information-carrying capacity of the 

10 modulated signal, more sophisticated modems em- 
ploy quadrature modulation. Quadrature modulation 
is often depicted as a two-dimensional signal space. 
Use of the signal space to send voice information is 
disclosed in U.S. Patent 5,981,647 issued January 

15 14, 1992. 

Use of the signal space to send data and voice in 
described is "High Speed Digital and Analog Parallel 
Transmission Technique Over Single Telephone 
Channel", Ajashi et al, IEEE Transactions on Com- 

20 munications, Vol. 30, No. 5, May, 1982, pp. 1213- 
1218. Unlike prior techniques, where analog and data 
were segregated into different time slots (TDM) or 
different frequency bands (FDM), they describe sep- 
arating analog and data signals into the two different 

25 channels of the QAM system. That is, Ajashi etal sug- 
gest modulating the in-phase channel with the analog 
signal, and modulating the quadrature channel with 
the data signal. Building on that description and con- 
cerning themselves with channel equalization, Lim et 

30 al analyze equalizer performance in "Adaptive Equal- 
ization and Phase Tracking For Simultaneous Ana- 
log/Digital Data Transmission", BSTJ, Vol. 60 No. 9, 
Nov 1981, pp. 2039-2063. (The 1981 BSTJ article 
cites the information of 1982 IEEE article as "unpub- 

35 lished work"). 

No one has achieved the ability to simultaneously 
sent both data and voice through both channels of a 
QAM system, and no one has achieved the ability to 
communicate both by data and analog, simultaneous- 

40 ly, and in full-duplex, over a single bi-directional ban- 
dlimited communications channel. 

Summary of the Invention 

45 Analog information and digital information is com- 

municated concurrently when employing the princi- 
ples of this invention. In general terms, when the com- 
munication channel is viewed as a multi-dimensional 
space, the digital signal is divided into symbols, and 

50 the symbols are mapped onto the signal space with a 
preset distance between them. The analog signal, 
generally limited in magnitude to less than half the 
distance separating the symbols, is converted to com- 
ponent signals and added (i.e., vector addition) to the 

55 symbols. The sum signal is then transmitted to the re- 
ceiver where the symbols are detected and subtract- 
ed from the received signal to yield the analog signal 
components. The transmitted analog signal is recre- 
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ated from those components. 

In one illustrative embodiment, the digital stream 
entering the transmitter section is divided into words, 
and each word is mapped to a pair of symbol compo- 
nents. The analog signal entering the transmitter sec- 5 
tion is sampled and each pair of successive samples 
forms a set of analog vector components. The analog 
vector components are added, respectively, to the 
symbol components and the component sums are 
QAM modulated to form the output signal. The pairs 10 
of analog samples can be derived by simply delaying 
the analog signal and sampling both the delayed and 
the undelayed versions. 

At the receiver, the signal is first demodulated 
and the digital signal is detected in accord with stan- 15 
dard modulation technology. The detected digital sig- 
nal is then subtracted from the received signal to form 
analog samples pairs that are combined to reconsti- 
tute the analog signal. 

Line equalization, echo-canceling, pre-empha- 20 
sis, and other improvements that are known in the 
modem art can be incorporated in various embodi- 
ments that employ the principles of this invention. 

Brief Description of the Drawing 25 

FIG. 1 presents the basic structure of a prior art 
modem; 

FIG. 2 shows the signal space and an illustrative 
signal constellation for the FIG. 1 system; 30 
FIG. 3 shows the signal space of a QAM analog 
system; 

FIG. 4 shows the signal space of an alternating 
digital and analog system; 

FIG. 5 shows the signal space of a combined dig- 35 
ital and analog system; 

FIG. 6 presents one embodiment of a transmitter 
section for a combined digital and analog system; 
FIG. 7 depicts the vector addition that forms the 
signal space of FIG. 5; 40 
FIG. 8 presents one orthogonal modulation ap- 
proach; 

FIG. 9 illustrates the arrangements that permits 
more than one analog signal source to be trans- 
mitted simultaneously; 45 
FIG. 10 details the major elements in a receiver 
responsive to the FIG. 5 signal space; 
FIG. 11 presents a block diagram of a receiver 
that includes adaptive equalization; 
FIG. 12 presents the block diagram of an entire 50 
modem, 

FIG. 13 presents a slightly different embodiment 
of the FIG. 12 modem, 

FIG. 14 depicts one structure for scrambling ana- 
log samples, 55 
FIG. 15 presents a block diagram of a privacy 
scrambler employing pseudo-random multiplica- 
tion of the analog samples, 



FIG. 16 illustrates a processor 75 being inter- 
posed between the analog input and the analog 
port of the modem, with the processor being 
adapted to carry out signal preprocessing func- 
tions, such as linear predictive coding, 
FIG. 17 presents a block diagram illustrating lin- 
ear predictive coding, 

FIG. 18 presents a block diagram illustrating the 
alternative use of different signal spaces, 
FIG. 19 depicts use of the disclosed modem in 
connection with software support, 
FIG. 20 depicts use of the disclosed modem in 
connection with apparatus diagnosis and mainte- 
nance, 

FIG. 21 depicts use of the disclosed modem in 
connection with apparatus diagnosis and mainte- 
nance with the modem coupled to a wireless base 
station, 

FIG. 22 shows use of the disclosed modem in 
connection with a call center, 
FIG. 23 shows use of the disclosed modem in an 
interactive game environment, 
FIG. 24 presents a block diagram depicting use 
of the disclosed modem in an interactive mode 
with a television display, 
FIG. 25 presents the disclosed modem in a 
PCMCIA configuration, adapted for inclusion with 
wireless apparatus, such as a wireless computer, 
FIG. 26 shows use of the disclosed modem in a 
telephone instrument that includes video capabil- 
ities, 

FIG. 27 shows use of the disclosed modem in a 
fax machine, 

FIG. 28 shows use of the disclosed modem in a 
personal computer, 

FIG. 29 shows use of the disclosed modem in a 
"plain old" telephone, and 
FIG. 30 presents a block diagram that includes 
the disclosed modem and means for bypassing 
the modem when it is inoperative. 

Detailed Description 

To place this disclosure in context, FIG. 1 pres- 
ents a very basic block diagram of a modem that com- 
municates digital data via quadrature modulation 
techniques. Section 100 is the modem's transmitter 
section and section 200 is the modem's receiver sec- 
tion. Specifically, in the transmitter section digital 
data is applied in FIG. 1 to a 1-to-2 mapper 110, and 
mapper 110 develops two outputs which typically are 
referred to as the in-phase and quadrature samples. 
The in-phase samples are applied via low pass filter 
150 to modulator 120, which multiplies the applied 
signal by a carrier » i.e., sin cot in FIG. 1. The quad- 
rature samples are applied via low pass filter 160 to 
modulator 130, which multiplies the applied signal by 
a second carrier. The second carrier is orthogonal to 
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the first carrier; namely, cos cot Filters 150 and 160 
must be bandlimited to no more than oo, in order to 
avoid aliasing and to at least half the inverse of the 
output sample rate of mapper 110. The output signals 
of modulators 120 and 130 are added in element 140 
to develop the analog signal of the modem's transmit- 
ter section. 

In operation, the digital data applied to the FIG. 1 
apparatus is a stream of bits. Element 110 views the 
incoming signal as a stream of symbols that each 
comprises a preselected number of consecutive bits, 
and maps each symbol into an in-phase analog sam- 
ple and a quadrature analog sample. 

Practitioners in the art often describe the opera- 
tions performed in the FIG. 1 apparatus by means of 
a signal space diagram, such as shown in FIG. 2. The 
x axis corresponds to one of the carrier signals (e.g., 
cos cot) and the y axis corresponds to the other carrier 
signal (sin cot). The in-phase and quadrature samples 
delivered by element 110, in effect, specify a location 
in the signal space of FIG. 2. Accordingly, the set of 
possible samples that element 110 can produce cor- 
responds to a set of sample points (i.e., a constella- 
tion of points) in the signal space depiction of FIG. 2. 
A4-point signal constellation is shown, by way of il- 
lustration, in FIG. 2. It is well known, however, that 
one can create signal point constellations with a larg- 
er number of signal points. 

To receive signals that were modulated by the 
FIG. 1 apparatus in accordance with the specific con- 
stellation depicted in FIG. 2, one must only identify 
whether the received signal is in the first, second, 
third or fourth quadrant of the signal space. That 
means that there exists great latitude in the signals 
that are received, and any received signal that is still 
in the correct quadrant is mapped to the correct con- 
stellation signal point in that quadrant. Extended to 
other (and perhaps larger) constellations, the signal 
space can be divided into regions and the receiver's 
decision is made with respect to the region in which 
the received signal is located. We call these regions 
"neighborhood" regions. 

Returning to FIG. 1 and addressing the modem's 
receiver section, the modulated signal is applied to 
demodulator 210. Demodulator 210 recovers the in- 
phase and quadrature components and applies them 
to slicer 220. Slicer 220 converts the in-phase and 
quadrature components into symbols and applies the 
symbols to de-mapper 230. De-mapper 230 maps the 
symbols into bit streams to form the recovered digital 
data stream. 

Absent any signal degradation (such as due to 
noise added in the channel) the signal received by de- 
modulator 210 would be precisely the same as the 
signal sent by adder 140, and a determination of 
neighborhood regions in which the signal is found (by 
slicer 220) would be relatively simple and error-free. 
However, noise that is added to the transmitted signal 



shifts the received signal in the signal space and 
modifies the input to slicer 220. Stated in other words, 
a noise signal that adds to the signal flowing through 
the communication channel corresponds to a vector 

5 signal in the signal space of FIG. 2 that is added to a 
transmitted sample point. That added vector is of un- 
known magnitude and unknown phase. Consequent- 
ly, added noise converts a transmitted signal that cor- 
responds to a point in the signal space into a region 

10 in the signal space. This phenomenon is depicted in 
FIG. 2 by circle 11 . Some refer to this circle as a signal 
space "noise cloud" surrounding the transmitted sig- 
nal. 

From the above it is clear that in order to detect 

15 the transmitted signals without errors, the neighbor- 
hood regions must be large enough to encompass the 
noise cloud. Since the average power of the sent sig- 
nal is typically limited by other considerations, the ex- 
tent to which the signal constellation covers the inf in- 

20 ite space represented by the x and y axes is also lim- 
ited. This is represented in FIG. 2 by circle 12. The re- 
striction imposed by circle 12, coupled with the re- 
striction on the size of the neighborhood regions that 
is imposed by noise considerations limits the number 

25 of transmitted signal points in the constellation. 

As indicated above, it has been observed that in 
typical modem designs the allowable signal power 
and the expected fidelity of the channel combine to 
control the constellation size. Less noisy channels al- 

30 low for larger constellations, and larger constellations 
permit higher digital data throughputs. This leads to 
a totally revolutionary idea of utilizing aN or essentially 
all, of the available signal space for the transmission 
of information. A transmitter signal space in accor- 

35 dance with this revolutionary approach is depicted in 
FIG. 3 where a plurality of signal points are depicted 
randomly within the signal space. These points are il- 
lustrative of the various vectors that the transmitter is 
allowed to send out. There are no more "constella- 

40 tions of points", where a decision must be made be- 
tween constellation points; there is only the entirety 
of the signal space. In other words, rather than having 
digital signals that are mapped onto a fixed constel- 
lation within a signal space, FIG. 3 depicts analog sig- 

45 nals that are mapped onto a signal space. When the 
analog signals that form the in-phase component are 
independent of the analog signals that form the quad- 
rature component, the viable signal space of FIG. 3 
may be rectangular. 

50 Having recognized the advantages of sending 

analog signals in accordance with the signal space of 
FIG. 3, the next innovation is to alternate between the 
signal spaces of FIG. 2 and FIG. 3. That is, the inno- 
vation is to send customer analog signals or customer 

55 digital signals as the need arises. This is depicted in 
FIG. 4. 

Further, having recognized the advantages of 
sending either analog or digital signals in accordance 
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with the signal spaces of FIG. 4, it was discovered that 
a totally different communication approach can be 
taken, that communicating both analog and digital 
signals, can be expressed concurrently, in a com- 
bined signal space. This is illustrated in FIG. 5, where 
four neighborhoods are identified for illustrative pur- 
poses, with demarcation borders identified by dash- 
ed lines 21 and 22. 

According to the FIG. 5 depiction, the analog sig- 
nals that form "signal clouds" around each digital con- 
stellation point (e.g., point 31) should be restricted in 
their dynamic range to be totally contained within the 
neighborhood regions. Hence, here too there is a 
trade-off between constellation size (which directly 
affects digital through-put) and dynamic range of the 
transmitted analog signal (which in some situations 
translates to "resolution"). 

FIG. 6 depicts an arrangement that very basically 
illustrates the principles disclosed herein. It includes 
a 1-to-2 dimensional mapper 60 responsive to digital 
signals applied on line 61. Mapper 60 develops two 
output signals on lines 62 and 63, each of which pos- 
sesses pulses with quantized amplitudes that relate 
to the digital signals arriving on line 61 . FIG. 6 also in- 
cludes a 1-to-2 mapper 50 that responds to an applied 
analog signal on line 51, and it develops two output 
signals on lines 52 and 53, each of which possesses 
pulses with continuous amplitudes that relate to the 
analog signal on line 5. Outputs 52 and 62 are com- 
bined in adder 70 and outputs 53 and 63 are com- 
bined in adder 80. The outputs of adders 70 and 80 
form the components of the signals that are repre- 
sented by the signal space of FIG. 5. As in FIG. 1 , the 
outputs of adders 70 and 80 are applied via low pass 
filters 150 and 160 to modulators 120 and 130 and 
summed in adder 140 to form a modulated signal as 
is typically known in the modem art. 

In FIG. 6 element 60 is depicted as a 1-to-2 map- 
per. However, it should be understood that element 60 
can be an M-to-N mapper. That is, element 60 can be 
responsive to a plurality (M) of digital signals and it 
can develop a different plurality (N) of output signals. 
Similarly, element 50 can be a J-to-K encoder that is 
responsive to a plurality of analog signals. Likewise, 
the collection of elements that follow elements 50 and 
60 (i.e., elements 70, 80, 120, 130, 140, 150and 160), 
which form orthogonal modulator 90 can be con- 
structed to be responsive to whatever plurality of out- 
puts of that elements 50 and 60 are designed to pro- 
duce (e.g., three dimensional space, four dimensional 
space, etc.). More specifically, those elements must 
account for all of the applied input signals, and that 
means that they must be able to handle K or N signals, 
whichever is larger. In such a circumstance, however, 
the user can assume that the larger of the two (K or 
N) is the dimensionality of the system, and some of 
the dimensions have either no digital data, or no ana- 
log data, whichever applies. Of course, if there are 



"dimensions" for which there is no digital or analog 
data, other information can be sent over those dimen- 
sions, such as equalization "side" information. 

In the context of a signal space, the N pluralities 

5 of output signals of elements 50 and 60 (assuming N 
is larger than K) correspond to the collection of com- 
ponents of vectors in multi-dimensional space; e.g., 
N-dimensional space. The coordinates of this multi- 
dimensional space correspond to the orthogonal 

10 modulation signals within orthogonal modulator 90. In 
FIG. 6, the two orthogonal modulation signals are $ 
cos cot and sin ©t, but other modulation signals are 
also possible; for example, code division multiplexing 
(CDMA) templates. For purposes of this disclosure, 

15 orthogonal modulation signals are modulation signals 
that develop a transmitted signal comprising concur- 
rent element signals and yet allow the receiver to sep- 
arate the received signal into its constituent element 
signals, those being the signals developed in re- 

20 sponse to each of the modulation signals. It may also 
be observed that, relative to FIG. 5, orthogonal mod- 
ulator 90 performs vector summation of the symbol 
vector represented by the components developed by 
element 60 with the analog information vector repre- 

25 sented by the components developed by element 50. 
This is depicted in FIG. 7. 

In connection with FIG. 1 , it may be noted in pass- 
ing that the principles disclosed herein may be util- 
ized even when the output signals of adders 70 and 

30 80 are communicated (e.g., transmitted) directly, 
without the benefit of combining them in orthogonal 
modulator 90. Also, orthogonal modulator 90 can sim- 
ply be a band-shifting means. To the extent that the 
output of adder 70 (for example) is band-limited, the 

35 output of adder 80 can be shifted beyond the band- 
limited output signal of adder 70 and combined with 
the output signal of adder70. This is presented in FIG. 
8. It may also be appreciated that the principles dis- 
closed herein may be exercised without the use of 

40 element 60 in those situations where no digital 
streams are presented. 

To this point in the instant disclosure, the implica- 
tion has been that the input signal applied to element 
50 of FIG. 6 is analog. However, that does not have 

45 to be strictly the case. In accordance with convention- 
al techniques, an analog signal that is bandlimited 
can be sampled (within the proper Nyquist bounds). 
Hence, it should be understood that the input signal 
to element 50 can be a sequence of analog samples. 

50 Moreover, a sampled analog signal can be quantized 
and represented in digital form. Indeed, an analog sig- 
nal that has been sampled and converted to digital 
form can then be converted to amplitude quantized 
pulse amplitude-modulated format; e.g., convention- 

55 al PCM. All of those representations are representa- 
tions of an analog signal. For example, the collection 
of the amplitude-quantized PAM pulses is identical to 
the original analog signal within the bounds of the 
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quantization errors introduced by the sampling and 
quantizing (A/D conversion followed by D/A conver- 
sion) processes. 

The fact that sampling and amplitude quantiza- 
tion of the analog signal at the input of element 50 is 
permitted offers a number of benefits. For one, it al- 
lows the signal to be presented to element 50 in digital 
format. For another, it permits simple multiplexing of 
different information sources. Thus, for example, ele- 
ments 50, 60 and 90 can be implemented in accor- 
dance with present day modem realizations; i.e., with 
one or more microprocessors operating under stored 
program control. 

An example of input signal multiplexing is shown 
in FIG. 9, which presents an embodiment that in- 
cludes an A/D converter bank 30 followed by a multi- 
plexer 40. Converter bank 30 converts a plurality of 
analog signals, such as on lines 33 and 34, to digital 
format and multiplexer 40 multiplexes its input signals 
and applies them to element 50. Elements 30 and 40 
are conventional A/D and multiplexer elements, re- 
spectively. 

The combination of elements 30 and 40 allows 
applying a number of narrowband analog signals to 
orthogonal modulator 90. The primary limitations are 
the carrier frequency and the allowable transmission 
bandwidth of the channel. The narrowband signal 
can, of course, come from any source. For example, 
a system installed in an ambulance may sacrifice 
some voice bandwidth in order to allow narrowband 
telemetry data of blood pressure and heart pulse rate 
to be communicated concurrently with the voice. 

Additionally, a voice signal energy detector may 
be included, such as disclosed in U.S. Patent 
5,081 ,647, which would detect periods of silence and 
send less urgent telemetry data during those silence 
periods. The silence periods may be naturally occur- 
ring periods, or silence periods enforced for the pur- 
pose of communicating telemetry information, such 
as data about the analog information just sent or 
about to be sent. This is illustrated by elements 31 
and 32 in FIG. 9. 

The fact that the input to element 50 is digital (in 
a digital implementation of elements 50, 60 and 90) 
and that the input to element 60 is also digital should 
not be confused. The digital input to element 60 is a 
stream of digits that are each equally important. 
Hence, those digits are converted into symbols and 
the symbols into constellation points, and the constel- 
lation points are within neighborhoods which are 
identified by a slicer (e.g., slicer220 in FIG. 1) within 
a modem's receiver section. In contradistinction, the 
digital signals applied to element 50 correspond to 
digital words that represent amplitude, and the spe- 
cific interrelationship between adjacent bits of the 
digital words is maintained. As indicated above, being 
a fundamental distinction, the signal cloud around a 
signal point within a constellation does not represent 



a plurality of signal points that must be distinguished. 

FIG. 10 presents a basic block diagram of a mo- 
dem's receiver section in conformance with the prin- 
ciples disclosed herein. The modulated input signal 

5 received from the channel is applied to demodulator 
210 which develops the in-phase and quadrature 
components. Those are applied to slicer 220 which 
identifies the symbols, and the symbols are applied 
to de-mapper 230. All this is in accord with conven- 

10 tional modem approaches, as described in connec- 
tion with FIG. 1. In addition, FIG. 10 includes a map- 
per 240 that is responsive to the symbols developed 
by slicer 220. The output of mapper 240 is an accurate 
estimate of the set of in-phase and quadrature com- 

15 ponents (that are applied in the FIG. 1 arrangement 
to elements 1 50 and 1 60). The outputs of mapper 240 
are subtracted from the outputs of demodulator 210 
in subtractors 250 and 260. The outputs of subtrac- 
ters 250 and 260 are applied to 2-to-1 de-mapper 270 

20 which recombines the analog samples to form an es- 
timate of the original analog signal. De-mapper 270 
performs the inverse function of mapper 50. 

In may be noted that slicer 220 can be designed 
to directly provide the output signals that mapper 240 

25 develops; and moreover, de-mapper 230 can be 
made responsive to such signals. That would alter the 
FIG. 10 in the sense that slicer 220 and mapper 240 
would combine to form a single element and de-map- 
per 230 as well as adders 250 and 260 would be re- 

30 sponsive to that combined element. 

In analog realizations (e.g., FIG. 6), mapper 50 is 
responsive to analog signals. Various approaches 
can be taken to develop the plurality of outputs (two 
outputs, in the case of element 50 shown in the 

35 FIGS.). For example, a single bandlimited analog sig- 
nal can be divided into a plurality of baseband signals 
by simply filtering and modulating selected sub- 
bands. Alternatively, element 50 can accept a plural- 
ity of bandlimited analog signals and assign each one 

40 of the plurality of bandlimited analog signals to differ- 
ent outputs of element 50. 

In time sampled realizations (whether the realiza- 
tion continues with analog circuitry or digital circui- 
try), element 50 can simply route alternate samples 

45 of a single analog signal to different outputs of ele- 
ment 50, or multiplex a plurality of analog signals and 
distribute the samples of those signals in any conve- 
nient manner. 

In order to allow for nonlinear techniques that 

50 may be employed to enhance the communication 
qualities, it is important to effect equalization of the 
channel in order to minimize intersymbol interfer- 
ence. Conventional modem technology can be 
brought to bear to this need. 

55 FIG. 11 presents a block diagram of an arrange- 

ment that incorporates equalization. Specifically, 
FIG. 11 is depicted with a modulator that is followed 
by equalization hardware (which together can be 
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thought of as a super-demodulator). The equalization 
hardware comprises an adaptive filter 280 that is in- 
terposed between demodulator 210 and slicer 220. 
The operational characteristics of filter 280 are con- 
trolled by filter coefficients that are stored -- in mod- 
ifiable form — within tap update block 290. Tap update 
block 290 is responsive to the output signals of sub- 
tractors 250 and 260. The adaptation of filter 280 is 
carried out in accordance with conventional modem 
techniques. The outputs of subtracters 250 and 260 
are also applied to demultiplexer 275 and the outputs 
of demultiplexer 275 are applied to de-mapper 276. 
De-mapper 276 comprises a bank of de-mappers 270 
of FIG. 10. Elements 275 and 276 are included to il- 
lustrate a receiver that is adapted for applications 
where a plurality of analog inputs are multiplexed. Of 
course, in applications where there is no multiplexing, 
de-mapper 270 can be substituted. 

In accordance with some adaptation approaches, 
it is easiest to carry out adaptation and the corre- 
sponding coefficient updates when the power in the 
analog signal is small. To limit the process to such in- 
tervals, FIG. 11 includes a power detector with in con- 
trol element 295 that is responsive to subtractors 250 
and 260. Block 295 is also conventional. It includes a 
power detection circuit that evaluates the power con- 
tained in the signals of subtractors 250 and 260 and 
delivers a control signal to block 290 to enable (or dis- 
able) the coefficient updating process. Of course, 
block 295 may be more generic, in that the control sig- 
nal can be derived from other than the analog signal, 
such as from side information from the transmitter. 

FIG. 11 depicts one arrangement for effecting 
equalization of the transmission channel between a 
sending modem's transmitter section and a receiving 
modem's receiver section; to wit, at the receiver's 
front end, following the demodulator. However, it is 
well known that equalization can be performed any- 
where along the channel, going back even to within a 
modem's transmitter section. 

FIG. 12 depicts the entire, full duplex, modem 
constructed in accordance with the depictions of 
FIGS. 9 and 11. More specifically, a transmitter sec- 
tion (FIG. 9) is coupled with a receiver section (FIG. 
11) through hybrid 300 and subtracter 310. Subtractor 
310 cooperates with echo canceller 320 in the con- 
ventional way to subtract unwanted signals from the 
signal applied to demodulator 210. For sake of simpli- 
city, echo canceller 320 is shown to connected to the 
output of orthogonal modulator 90, and in analog em- 
bodiments of element 320 this is perfectly satisfacto- 
ry. However, in digital embodiments it is well known 
that efficiencies can be realized by having the echo 
canceller be responsive to the outputs of mapper 60, 
where the signal rate is much lower. 

An improvement which incorporates the princi- 
ples disclosed herein is shown in FIG. 13. It may be 
noted that some of the elements in FIG. 13 are des- 



ignated by different labels; such as "Hilbert pass band 
filter", which corresponds to a modulator, etc. These 
are circuits that attain the desired results through 
somewhat different calculations and are well known 

5 to persons skilled in the modem art. 

The echo canceling is performed, as in all mo- 
dems, during a training period, when the far end sig- 
nal source is silent and the echo canceller is adapted 
to minimize the output of subtractor 310. 

10 In connection with FIG. 6 it has been disclosed 

that the input to element 50 can be a sampled analog 
signal, as well as an unsampled analog signal. It has 
also been disclosed above that when element 50 is a 
1-to-2 mapper (as compared to 1-to-N mapper) and 

15 the desired output of element 50 is pairs of a sampled 
analog signal, the pairs of analog samples can be de- 
rived by simply delaying the incoming analog signal 
by 1/B and sampling both the delayed and the unde- 
layed versions at rate B. This provides sample pairs 

20 that correspond to adjacent samples of the original 
analog signal sampled at rate 1/2B seconds. Actually, 
privacy of the communication is enhanced when the 
samples are not adjacent, and FIG. 14 presents one 
approach for deriving pairs from non-adjacent sam- 

25 pies. It basically includes an input register 55 for stor- 
ing K analog samples that arrive at rate 2B, a scram- 
bling network 56 that scrambles the outputs of regis- 
ter 55 and develops K outputs, and registers 57 and 
58 that are responsive to the outputs of network 56. 

30 Registers 57 and 58 store K/2 analog samples every 
K/2B seconds and output the stored samples at rate 
1/2B seconds. Scrambling network 56 may be simply 
a cross-connect field. 

Another approach for enhancing privacy entails 

35 modifying the gain and phase of the analog signals 
that are sent. This is akin to operating on, or trans- 
forming, the signal components that form the signal 
vector which is added to the constellation symbols. 
The transforming may be in accordance with the sig- 

40 nal characteristics, or it may simply be following a 
pseudo-random sequence. The latter is depicted in 
FIG. 15, where register 72 receives analog signal 
sample pairs and directs each member of a pair to a 
different multiplier (73 and 74). Multipliers 73 and 74 

45 modify the applied signal samples in accordance with 
corresponding coefficients that are received from 
pseudo-random generator 71, resulting in a pair of 
modified signal samples that are applied to mapper 
50. Additional teachings of this technique are found in 

50 U.S. Patent No. 4,124,516, issued May 8, 1990, to G. 
Bremer and W. Betts. 

Of course, the receiver ought to include a pseu- 
do-random generator that is synchronized to genera- 
tor 71 in order to properly decode the analog signal. 

55 The FIG. 15 circuit can be incorporated in a receiver 
(such as the FIG. 11 receiver) within the de-mapper 
that develops the analog signal. Synchronization of 
the FIG. 15 circuit in the receiver is achieved via syn- 
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chronization information that is sent by the transmit- 
ter as "side information". 

Characterizing the enhancement more generally, 
modifying the input signal based on the input signal's 
characteristics is a general enhancement of the em- 
bodiments disclosed herein. The signal's amplitude, 
for example, can be dynamically modified to enhance 
the attainable signal to noise ratio. The dynamic scal- 
ing of the signal can be communicated to the receiver 
in the form of "side information" either on the digital 
channel, or on the analog channel (for example, via 
one of the channels described in connection with the 
FIG. 9 embodiment). This is depicted in FIG. 16, 
where signal processor 75 precedes switch 32. Proc- 
essor 75 modifies the signal applied to switch 32 and 
also provides the aforementioned side information 
that is applied to A/D converter bank 30. 

In may be noted in passing that some side infor- 
mation can also be included in the analog channel it- 
self, by "stealing" some samples from the analog sig- 
nal stream. Of course, with some realizations that 
would create missing samples at the receiver, but in- 
terpolation techniques at the receiver can create 
close estimates of the missing samples. 

Still another way to modify the signal is to control 
its dynamic range through automatic gain control 
(AGC) which may be effected in conventional ways. 

Yet another way to modify the signal is to encode 
it, and that includes, for example, the entire field of 
predictive encoding. 

In predictive coding, the object is to predict the 
present signal from past signals and to transmit only 
the error, or residue, signal; that is, the signal that rep- 
resents the deviation of the true signal from the pre- 
dicted signal. It is expected, of course, that with good 
prediction the residue signal will be small. An arrange- 
ment that creates only small residue signals allows 
the residue signals to be amplified (in a fixed manner 
or dynamically), achieving thereby good signal reso- 
lution and high noise immunity. 

The residue signal sample, e(n), is typically de- 
veloped by the calculation: 

e(n) = x(n) - a>ix(n - 1) - a 2 x(n - 2) - a3x(n - 3)... 
in response to input signal samples x(n), x(n-1), x(n- 
2), and for preselected coefficients , a 2 , a 3 , .... 

It may be noted that the number of coefficients is 
a designer's choice, and that the number of coeffi- 
cients can also be a function of signal characteristics. 
For some signal characteristics the number of coeffi- 
cients may be two, for others it may be three, etc. 
Also, the values of the coefficients may be fixed (and 
set in accordance with historical determinations) or 
variable, based on considerations such as short term 
history of the signal, the current number of symbols 
in the constellation, etc. 

Processor 75 of FIG. 16 may be employed to per- 
form the selected encoding. More specifically, proc- 
essor 75 may perform the function of a linear predic- 



tion coefficient generator that is sensitive to the char- 
acteristics of the input signal, and also perform the 
function of the augmentation filter. The coefficients 
developed by the linear predictive coefficient gener- 

5 ator portion of processor 75 delivers the coefficients 
as side information to the A/D converter block, to be 
transmitted to the receiver and used therein in accor- 
dance with the equation 
y(n) = e(n) + a^n - 1) + a 2 y(n - 2) + a 3 y(n - 3).... 

10 FIG. 17 presentsa block diagram of thetransmit- 

ter and receiver portions that handle the linear predic- 
tive coding (elements 65-60). The blocks marked 
"svd system" represent the receiver and transmitter 
portions of the modem embodiments (svd modem) 

15 disclosed above (e.g. FIG. 13). 

Yet another way to enhance operation is to em- 
ploy pre-emphasis. For example, the "analog" input 
that enters orthogonal modulator 90 can be filtered to 
pre-emphasize the high frequencies and, corre- 

20 spondingly, the "analog" output of subtracters 250 
and 260 can be filtered to remove the pre-emphasis. 
The pre-emphasis can be effected, for example, with- 
in the A/D converter 30 or even prior thereto, such as 
in pre-emphasis filter 20 shown in FIG. 12. The filter- 

25 ing can be done while the "analog" signal is truly ana- 
log, or it could be done when the "analog" signal is 
represented digitally ~ such as when the transmitter 
and receiver sections are implemented with digital 
hardware. 

30 One aspect of the embodiments described above 

which employ a sampling process for the analog sig- 
nal applied to mapper 50 is the limitation on the high- 
est frequency that may be included in the applied sig- 
nal in accordance with Nyquist's criteria. Stated in 

35 other words, regardless of the bandwidth offered by 
the communications network, a decision to sample 
the incoming signal at the symbol rate of mapper 60 
places a limit on the upper frequency of the sampled 
signal. In some applications, such as in speech appli- 

40 cations, it may be desirable to transmit higher fre- 
quency signals even if the cost of achieving that ca- 
pability is a forgoing of some low frequencies. 

This capability is realized by frequency shifting. 
That is, the speech signal is bandlimited, a preselect- 

45 ed portion of the low frequency band is deleted, the 
resulting bandlimited signal is shifted downward, and 
the shifted signal is sampled. 

These operations can be performed with conven- 
tional filtering and modulation circuitry or, alternative- 

50 ly, these operations can be performed with Hilbert fil- 
ters. At the receiver, this process is reversed, of 
course. 

A number of implementations described above 
require transmission of "side information" to the re- 
55 ceiver. Also, as described above, this information can 
be sent on the analog channel or on the digital chan- 
nel. 

When the side information is sent on the digital 
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data channel, it is embedded using DLE (Data Line 
Escape) shielding. More specifically, the side infor- 
mation is inserted in the data channel's bit stream 
while that channel's information is momentarily halt- 
ed. In DLE shielding, the side information is preceded 
by a specific bit sequence known as the "command 
sequence", and may consist of either a fixed-length 
bit stream or a variable-length bit stream followed by 
a termination sequence. The command sequence in- 
dicates that the data to follow is side information and 
not main channel data. 

Since any sequence of bits chosen for the com- 
mand sequence could also appear in the customer 
data bit stream, a safeguard method is used to ensure 
that instances of the command sequence which do 
appear in customer data are not interpreted as true 
command sequences. In the transmitter, at the same 
point in the system where side information is embed- 
ded in the data stream, the input bit stream is moni- 
tored for instances of the command sequence in the 
customer data. At each point in the bit stream where 
an instance of the command sequence is detected, 
the transmitter inserts a duplicate sequence imme- 
diately following the original. 

At the receiver, the input bit stream is again moni- 
tored for instances of the command sequence. If a 
command sequence is detected, the bit stream imme- 
diately following is checked for a duplicate instance of 
the same sequence. If such a duplicate is detected, 
indicating that the original sequence is in the custom- 
er data and not a true command flag, the receiver de- 
letes the duplicate sequence from the data stream 
and continues monitoring. If, however, no duplicate is 
detected, the sequence is a true control flag. The re- 
ceiver removes both the command sequence and the 
following side information from the main channel bit 
stream and routes the side information to its appro- 
priate destination. 

The method described above works regardless of 
how many instances of the command sequence are 
duplicated sequentially in the customer bit stream. 
Each instance is treated separately, with a duplicate 
instance inserted following the original. At the receiv- 
er, each pair of instances is treated separately, with 
the second in the pair discarded. As a result, if an 
even number of instances of the command sequence 
is detected following each other in the receiver, the 
output will consist of one half of the number of instanc- 
es in the customer data stream and no side informa- 
tion. If an odd number n of instances is detected, the 
output will consist of (n-1)/2 instances in the output 
data stream and routing of side information in the re- 
ceiver which is indicated by the last (unduplicated) 
command sequence. 

Having described a number of enhancements to 
the basic embodiments, it is clear that various novel 
combinations can be created to provide varied bene- 
fits. FIG. 18, for example, shows an arrangement 



where different signal spaces are employed at differ- 
ent times. The different signals spaces can be used 
at preselected times, or their use can be application 
dependent. The transmitter section of FIG. 18 in- 

5 eludes a transmitter signal space selector switch 41 0, 
a data-only signal space coder 411, an analog-only 
signal space coder 412, an analog & data signal 
space coder 41 3, and a dual-use signal space coder 
414. Correspondingly, the receiver section includes a 

10 receiver signal space selector switch 420, a data-only 
signal space decoder 421, an analog-only signal 
space decoder 422, an analog & data signal space 
decoder 423, and a dual-use-signal space decoder 
424. 

15 The data-only coder 411 corresponds to the FIG. 

6 coder with no input at line 51 . The analog-only coder 
412 corresponds to the FIG. 6 coder with no input at 
line 61. The analog & digital coder 41 3 corresponds 
to the FIG. 6 coder as described above, and the dual- 

20 use coder 414 is a coder where the symbols of line 61 
in FIG. 6 are applied to only one of the orthogonal 
modulators, and the signals of line 51 in FIG. 6 are ap- 
plied only to the other of the orthogonal modulators. 
As indicated above, the signals space changes 

25 can be planned apriori such as at predetermined sym- 
bol times (e.g., with symbol counter 41 5 and selector 
416). One might wish to send data only alternated 
with analog only, with the timing ratio being complete- 
ly at option of the user. Alternatively, one may signal 

30 the beginning of a specific signal space mode, and 
signal again when that mode changes. The signal 
spaces need not be the same in the two communica- 
tion directions. All such signaling is effected through 
"hand shaking" protocols between the communicat- 

35 ing modems; which in the example shown in FIG. 16, 
is merely a synchronization between TX Symbol 
counter 416 and RX Symbol Counter 426. 

The issue of sending side information has gener- 
ally been discussed above, but it may be useful to 

40 also address a specific case of "side information": es- 
tablishing and dismantling a connection. 

In applications where a conventional telephone is 
connected to the analog port, the question is how will 
the connection be established and dismantled. FIG. 

45 30 illustrates the arrangement for accomplishing 
these tasks, with a controller 610 that is connected to 
a modem 600. 

As disclosed above, most current modem imple- 
ment the necessary function in a processor that is un- 

50 der influence of stored program control. That is, the 
functions are implemented by programs that operate 
on numbers representing signals and ultimately de- 
velop the called-for signals. In such realizations, con- 
troller 610 is arranged to interrupt the normal program 

55 flow in modem 600 whenever the right conditions oc- 
cur. 

Thus, when telephone 620 goes "off hook", con- 
troller 610 senses the condition and forwards an in- 
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terrupt to the microprocessor within modem 600. Mo- 
dem 600 then goes into a "control mode" which reads 
the instructions provided to modem 600 by controller 
610. When controller 61 0 specifies an "off hook" con- 
dition, modem 600 is reconfigured to pass through the 
signals arriving at the analog port directly to the tele- 
phone network. This can be accomplished in modem 
600 by providing a separate signal path that is en- 
abled, or by conditioning the various elements in the 
signal path to achieve the same end results. When 
telephone 620 is thus connected, dial tones can then 
flow to the telephone central office and establish a 
connection. 

When a connection is established to a far end 
customer, modem 600 sends a tone, identifying itself 
as a) a modem and b) an svd modem. Once a connec- 
tion to the far end equipment is established and the 
far end equipment identifies itself as an svd modem, 
then modem 600 assumes its svd modem architec- 
ture. If the far end equipment identifies itself as a non- 
svd modem, then modem 600 can establish itself as 
a conventional modem connecting its digital port to 
the farend equipment. Lastly, if thefarend equipment 
identifies itself as a conventional telephone, modem 
600 remains in its "short circuited" mode. 

Dismantling a connection is at least as easy. An 
"on hook" condition is detected by controller 610 and, 
if there is no "conversation" established on the data 
side, controller 610 signals modem 600 to turn itself 
off. 

The "off hook" and "on hook" signaling described 
above is just illustrative. Other signaling can, of 
course, be used. For example, on the analog side, 
controller 610 can be responsive to touch tone se- 
quence, included the "#" and the "*" tones. On the dig- 
ital side, the DLE shielding signaling can be em- 
ployed. In this manner, once only a digital path is 
maintained, the digital signal source can effect a "dis- 
connect". 

FIG. 30 also depicts an enhancement for a mo- 
dem failure mode. This enhancement would advanta- 
geously be incorporated in all uses of the disclosed 
modem where connection to a telephone function is 
desired even in the absence of local power. Specifi- 
cally, FIG. 30 includes a pair of leads from the analog 
side of the modem to a pair of relay contacts 630. Re- 
lay contacts 630 are arranged to connect the tele- 
phone network leads to the telephone network port of 
modem 600 when modem 600 is operational, or to the 
analog port of modem 600, otherwise. The relay coil 
that operates contacts 630 (not shown) may simply 
be responsive to the leads that power modem 600, or 
to a "status OK" output lead of the modem. 

In addition to the myriad combinations and per- 
mutations of capabilities that are achievable with mo- 
dems employing the principles disclosed herein, there 
are also many novel applications that can now be re- 
alized. The following are just a number of examples. 



Remote Software Support 

It is not uncommon for a purchaser of a software 
package to require assistance from the software pro- 

5 vider. Often it is beneficial for the software provider 
to see exactly what is occurring at the user's comput- 
er terminal but, currently, the best that a support per- 
son at the software provider's facility can do is at- 
tempt to duplicate the behavior of the user's comput- 

10 er. This is not always successful. With a modem em- 
ploying the principles disclosed herein, it is possible 
for the software supplier to receive data from the cus- 
tomer's computer directly, in the same communica- 
tions channel over which the customer and the soft- 

15 ware supplier's support person converse. This is de- 
picted in FIG. 19. 

Remote System Support 

20 In addition to the capabilities described above in 

connection with software support, one may desire to 
have support provided for the hardware. There are al- 
ready many systems on the market where diagnostics 
can be applied through electronic ports. Examples of 

25 that are PBX's, computers, cars, etc. Many more such 
systems will be developed in the near future. With a 
modem employing the principles of this invention, it is 
possible for a manufacturer to be connected to a mal- 
functioning apparatus at the customer's premises, 

30 and to test the apparatus remotely. In some cases, 
such as with computers and computer peripherals, re- 
mote repair can even be effected-e.g., by download- 
ing new software. This is illustrated in FIG. 20. 

In a home environment, it is likely that the equip- 

35 ment that may need to be remotely diagnosed may 
need to be also accessed by the user while the user 
is speaking with the manufacturer's support person. 
Since it is expected that such devices may not always 
be in close proximity to the telephone, customers will 

40 no doubt wish to employ their cordless telephones. To 
that end, it is beneficial to incorporate a modem em- 
ploying the principles disclosed herein in the cordless 
telephone's base station. This is depicted in FIG. 21. 

45 Home agent 

With increased sensitivity to environmental pollu- 
tion that comes about from commuting to work, it is 
expected that many more people will be working at 

50 home. An agent that is typically interacting between 
customers who call in through an automatic call dis- 
tributor (ACD) and a computer is an ideal candidate 
for a "work at home" situation. A typical example of 
such an agent is an airline Reservations Agent. FIG. 

55 22 depicts such an arrangement employing a modem 
as disclosed above. A customer calls in to the Call 
Center and through the Call Center is connected to 
the home agent over the analog channel. Concurrent- 



10 



19 



EP 0 630 133 A2 



20 



ly, the home agent is connected through the data 
channel to the computer in the Call Center. The home 
agent interacts simultaneously with both the custom- 
er and the Call Center's computer. 

Of course, there is no requirement for the voice 
channel to be connected to a customer outside the 
Call Center. Connection of the home agent to its 
home base location (via the Call Center or any other 
place of business) for both voice and data is achiev- 
able with the modem disclosed herein. 

Home Entertainment 

Presently, youngsters who wish to play electronic 
games must sit together in one room and interact with 
the game device. With modems as disclosed above, 
that is no longer necessary. A connection can be 
made between two homes, with the data channel de- 
voted to communicating between the two game de- 
vices, and the voice channel devoted to the conver- 
sation path between the two players. The bandwith 
required for the data channel need not be very large 
because it need only communicate control informa- 
tion (such as start/stop and movement information) 
that originates with the player and is applied to the 
game device. 

As in connection with the cordless telephone's 
base station, the modem disclosed herein is incorpo- 
rated in the game device. This arrangement is depict- 
ed in FIG. 23. 

TV Interface 

Currently, television sets receive their input from 
an antenna, or from a coax cable. Much like the cable 
connection, televisions can receive input from a fiber 
cable — providing a much increased bandwith — , as 
well as from a conventional telephone tip-ring cord - 
- providing a much reduced bandwidth. Whatever the 
nature of the connecting cable, televisions connected 
to cables are becoming interactive. That is, the cable 
service providers provide a two directional channel 
path, through which customers can actively interact 
with the cable service providers. 

FIG. 24 depicts an embodiment which integrates 
telephony, data communication and video control for 
a conventional telephone cord connection to a televi- 
sion. Of course, because of the very low bandwidth 
of the telephone cord, only sequences of still pictures 
can be transmitted to the television. In FIG. 24, ele- 
ment 430 is the modem disclosed herein. It is con- 
nected to the telephone network via line 431. The 
analog port of modem 430 and the digital port of mo- 
dem 430 are connected to video card 440 via hybrids 
432 and 433. Modem 430 receives image and voice 
signals from line 431 , card 440 combines the received 
signals, forms a composite signal and applies the 
composite signal to television 450. 



Cordless telephone 460 communicates with line 
431 through the cordless base station electronics 
465. The arrangement of FIG. 24 contemplates that 
the voice signals would be applied to the telephone 

5 line through hybrid 432 and modem 430. The touch 
tone signals, which are the control signals sent to the 
cable service provider are converted to digital form in 
block 434 and applied to the telephone line through- 
out hybrid 433 and modem 430. Hybrids 432 and 433 

w merely insure that the data sent to the telephone line 
does not interfere with the information sent to the tel- 
evision. Of course, if the control signals can be em- 
bedded in the voice signal and deciphered by the 
cable service provider at the distant end, then the 

15 connection between block 465 and the digital port of 
modem 430 can be severed and elements 433 and 
434 can be deleted. 

The above-described arrangement that contem- 
plates use of a telephone cable can be easily extend- 

20 ed to wide bandwidth cables 431. All that is needed 
is a frequency division splitter interposed between 
the cable and modem 430. The high bandwidth sig- 
nals that are destined to the TV can be sent directly 
to the TV, while the low bandwidth communication 

25 channel is sent to modem 430. 

The above-described arrangement can also be 
extended as described in more detail hereinafter to 
recognize and react to control signals arriving from 
base station 465. Such signals, e.g., "on-hook" and 

30 "off-hook" signals, can be recognized by controller 
434 which is arranged to apply control signals to mo- 
dem 430, causing modem 430 to react to the control 
signals in the appropriate manner. In a modem 430 
implementation that includes a stored program con- 

35 trolled microprocessor, controller 434 can merely 
send an appropriate interrupt signal to the controller. 

Cellular 

40 Cellular telephony is extending to data. A number 

of companies are now offering arrangements where 
computers are connected to distant nodes via cellular 
networks. Some of these new computers are even so 
small that they are termed "notepad" computers. Data 

45 is sent by these computers through modems, and mo- 
dems now exist that are fully contained within a 
PCMCIA standard card. 

As depicted in FIG. 25, notepad computer 500 is 
adapted to receive a PCMCIA modem 510 that is con- 

50 structed in accordance with the disclosure herein, 
and this modem includes a voice port 511. With the 
system of FIG. 25, users of the computer can achieve 
the same connectivities that users of the previously 
described systems can achieve. Optionally, the 

55 PCMCIA modem also includes a conventional RJ-11 
sockets (512, 513) for plugging in a conventional tel- 
ephone. 

Of course, device 500 need not be a computer. It 
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can merely comprise the wireless transmission and 
receiving circuitry that interacts with modem 510, of- 
fering a digital port for whatever use may be desired. 
For example, a "wireless svd modem" can be placed 
on a dashboard of a car that is being maintained, the 
digital port would be connected to the analysis port on 
the car's electronic system, the analog port would be 
connected to a telephone instrument and the car 
mechanic would then be able to converse with a ser- 
vice center in the manner bed in connection with 
FIGS. 19-21. 

Enhanced Hardware 

All kinds of hardware that is currently connected 
to the network can incorporate the modem disclosed 
herein. This includes fax machines, computers, sim- 
ple telephones and enhanced telephones. FIGS. 26- 
20, for example, depict a telephone with video capa- 
bility that includes such a modem, a simple telephone 
that includes such a modem and a socket for data in- 
terface, a fax machine that includes such a modem, 
and a computer that includes such a modem. Like 
some of the currently available fax machines, the 
computer may include all circuitry that is needed for 
the telephone function, leaving only the hand set to be 
connected to the RJ-11 plug. Like the AT&T 7300 PC, 
hands free Speakerphone capability can be incorpo- 
rated. It may be noted that the modem shown in FIG. 
28 is depicted as a box but, more likely, it will be con- 
structed on a printed circuit board and plugged into 
one of the standard open slots that are in the comput- 
er. The RJ11 connector that is depicted in the drawing 
and into which a telephone on the telephone hand-set 
would be plugged in (depending on the design, as dis- 
cussed above) might be on the modem's printed cir- 
cuit board, or it might be positioned in the PC's hous- 
ing for easier access. 



Claims 

1 . A modem comprising: 

a signal mapper having digital signals ap- 
plied to the mapper at a digital port and analog 
signals applied to the mapper at an analog port, 

a modulator, responsive to the signal map- 
per, for developing a modulated output signal at 
an output port of the modulator representable by 
a N-dimensional signal space that is composed of 
a plurality of N-dimensional volumes, with a pre- 
determined point in the each of the volumes as- 
sociated with a digital symbol applied to said 
mapper via the applied digital signal, and other 
points in each of the volumes associated with the 
analog signals applied to said signal mapper, and 

means for coupling the output port of the 
modulator to an output port of the modem. 



2. The system of claim 1 further comprising switch 
means interposed between the modem output 
port and the modulator output port, and respon- 
sive to the operational state of the modem, for 

5 connecting the modem output port to the modu- 

lator output port when the operational state of the 
modem is at one value and for connecting the mo- 
dem output to the analog port when the opera- 
tional state of the modem is at another value. 

10 

3. The modem of claim 1 further comprising selec- 
tion means having inputs A and B and outputs A 
and B, where output A is an analog output that is 
connected to the analog port and output B is a 

15 digital output that is connected to the digital port, 

responsive to an analog input signal at input Aand 
a digital input signal at input B, for selectively ap- 
plying the signals at input A and input B to the 
analog input portand the digital input port, to form 
20 an output signal at the output port of the modem 

which represents 

the analog signal at input Aand not the dig- 
ital signal at input B, 

the digital signal at input B and not the ana- 
25 log signal at input A, 

the analog signal at input A as well as the 
digital signal at input B. 

4. The modem of claim 1 further comprising means 
30 for implementing telephone functions that is cou- 
pled to the analog port. 

5. The modem of claim 4 further comprising a tele- 
phone housing having a connector for coupling 

35 digital signals through the connector and into the 

digital port of the modem. 

6. The modem of claim 1 constructed on a printed 
circuit board and further comprising: 

40 computer circuitry including slots adapted 

for receiving printed circuit boards, with said mo- 
dem constructed on a printed circuit board insert- 
ed in one of said slots; and 

a connector adapted for receiving audio 

45 signals and connected to the analog port of the 

modem. 

7. The modem of claim 1 further comprising fax ma- 
chine circuitry having a digital terminal and an 

50 analog terminal to which a telephone instrument 

is coupled, with the analog port connected to the 
analog terminal and the digital port connected to 
the digital terminal. 
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